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Volume control device for digital signals 



The invention relates to a digital volume control device and particularly to a 
volume control device for digital audio signals, comprising a logic unit to which digital input 
signals to be controlled are suppHed and which provides for volume controUed digital output 
signals, the volume control of said digital input signals bemg determined by control signals, 
derived from output signals of a volume control element 

The volume control element can have the form of a manually controlled 
device, as may be the case m audio apparatus, it can be part of an automatic volume control 
or a computer which provide for the output signals from which the control signals are 
derived 

On the current market various volume control devices for digital audio signals 
are available, sometimes implemented in software and executed on a digital signal processor 
or implemented in hardware, often integrated together with other signal processing blocks, la 
practice, digital volume control devices implemented in hardware have a logic unit in the 
form of a multiplier, in which the multiplication word-length is quite large. When, for 
example, pulse code modulated (PCM) audio mput signals with a common word-length of 24 
bits are applied and the volume of these audio mput signals must be controlled in a range 
between about -83 dB and about +1 1,5 dB, a control signal must be ^pUed of at least 18 bits 
in order to obtain a 2 dB resolution over the entire control range. To obtain a 1,5 dB 
resolution over fee entire control range at least a 20.bits control signal is reqmred. However, 
a multiplication of a 24-bits audio mput signal with an 1 8 or 20-bits control signal requires a 
large and relatively expensive multiplier. Further, during volume transitions, i.e. the dynamic 
mode of the volume control device, even a resolution of about 1,5 dB is not sufficient to 
avoid audible *clicks'. 

A digital volume control device as described in the openmg is known from 
US-A-6,405,092. The logic unit m said patent specification is, in a first embodiment, formed 
by a bit-shifter, whereas by means of control signals the supplied words may be 
bidirectionally shifted. This means that only a 6 dB resolution is obtained. To obtain a more 
fine resolution, for example 1,5 dB, m a fiirther embodiment in said patent specification a 
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multiplier is used with adders to add a number of shifted input words, while during volume 
transitions with 1,5 dB volume steps clicks will still be audible. 

The purpose of the invention is to provide for a digital volume control device 
in which a large and expensive multiplier is avoided and a high resolution in volume control 
5 is obtained. 

Therefore, according to the invention the digital volume control device as 
described in the opening paragraph is characterized in that the digital volume control device 
further comprises 

conversion means for receiving the control signal m the form of a succession 
1 0 of m-bits words having k active bits at a first sample frequency and converting the control 
signal into an intermediate comprising a succession of m-bits words having j active bits at a 
second sample frequency at least kfj greater than the first sample fi^uracy; 

averagmg means for generating an multiplied signal by multiplying the 
intermediate signal with the digital input signal and generating the ou^ut signal by averaging 
1 5 the multiplied signal. 

Particularly, when the quantizer is designed to supply m-bits words with only 
the most significant active bit of the words supplied to the noise shaper, i.e. the case wherein 
j=l, the logic unit may be constituted by a simple shift register. In such a case, instead of a 
complicated multiplication, only a number of successive shift operations can be carried out. 
20 With a value j = 2 or 3 simple multiplications in the logic unit are still necessary. 

An advantage of the application of the low-pass filter is that audible clicks are 
avoided. During volume transitions a large number of volume steps, much smaller than for 
example the 1,5 dB volume steps occur. While in the stationary state for example 1,5 dB 
steps occur, in the dynamic state, i,e. durmg volume transitions, the low-pass filter introduces 
25 much smaller volume steps. 

Often, in audio systems oversampled digital input signals are available. With, 
for example, a standard sample-rate for a CD-player of a value fs of about 44,1 kHz and 
because digital input signals in ottier parts of the audio system requwe a sample-rate of about 
1 1 MHz, i.e. 256*fs, besides an amplitude-resolution a tune-resolution may be possible, 
30 When the low-pass filter runs at a clock-frequency of 64*fs, the up-sampler can provide for 
words at a four times higher fi^uency, i.e. 256*fs. This means that during each four clock 
periods of the up-sampler one signal formed by a low-pass filtered signal and three signals 
consisting of only zero's are supplied to the noise shaper, so that by successively generating 
four multiplication factors in time consistmg of powers of 2, an average multiplication can be 
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obtained corresponding with a desired multiplication fector. A desired multiplication, 
corresponding with a fine volume control resolution, as is the case with complicated 
multipliers, is thus realized by only a number of successive shift operations without use of 
adders. 

The invention does not only relate to a digital volume control device, but also 
to an audio apparatus comprising such a digital volume control device. 



The invention wiU further be explained by the foUowing description of some 
preferred embodiments and witti reference to the accompanying drawings: 

Fig. 1 shows a block diagram of an embodiment of a digital volume control 
according to the invention; 

Fig. 2 shows diagrams to further elucidate the opwation of this block diagram. 



In the block diagram of Fig. 1 showing a volume control device for digital 
audio signals a dB-to-linear decoder is indicated with reference number 1. To this decoder 
input signals are supplied in the fonn of n-bits words coming from a hand operated volume 
control element for digital audio input signals and covering a predetermined volume range. 
When, for example, these input signals are formed by 6-bits words and cover a volume range 
of about 94,5 dB, from -83 to +1 1,5 dB, they have a resolution of about 1,5 dB. In the 
decoder 1 the n-bits words, covering a logarithmical scale, are decoded to output signals 
formed by m-bits words with m>>n, coVering a linear scale. To maintain the resolution of 1,5 
dB over at least the whole volume range in the present example, the output signals may be 
formed by 20-bits words, with k?=4 bits (4 one's) maximally active. 

00000000001 101 100000, corresponding with 58,7 dB 

000000000 10000000000 60,2 dB 

OOOOOOOOOlOOl 1000001 61,7 dB 

OOOOOOOOOlOl 10100000 63,2 dB 

0000000001 101 1000000 64,7 dB 

OOOOOOOOIOOOOOOOOOOO 66,2 dB 
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In this and the following examples the above values are taken with reference 
to a 0 dB value. The real volume value must be diminished with a value of -83 dB. 

The output signals of the decoder 1 are supplied to a low-pass filter 2. From 
the point of view of costs saving a first order IIR (infinite unpulse response) filter is used. 
5 Nevertheless higher order IIR. filters are acceptable. 

To obtain slow volume changes, the low-pass filter 2 has a cut-ofiF fi-equency 
of 3,5 Hz and is fiirther so designed that, some time after the start of a volume transition, its 
ou^ut signal will always reach a value equal to that of its input signal. By this measure the 
output signal of the low-pass filter shall still contain words with, in the stationary state, only 
10 4 bits active maximaUy. Not only IIR filter are applicable, but also FIR (finite impulse 

response) filters can be used. The length of such filters is dependent on the cut-off fi^uency. 
For low values of the cut-off fi^quency, as is the case in this embodiment, a relatively long 
filter, i.e. a filter with a large number of filter coefficients, must be used, which can be 
considered as a disadvantage. 
1 5 Next, the output signals of the low-pass filter 2 are supplied to a pure up- 

sampler 3 wherein the volume gain is up-sampled with a factor 4. The up-sampler produces 
one sample equal to the input every 4^ clock period and the other clock periods samples with 
value zero. The up-sampling factor 4 is chosen in connection with the maximal number of 
active bits in the 20-bits words of the present example as will be clear after having explained 
20 the operation of the following stage, the noise shaper 4 to which the samples from the up- 
sampler are supplied. 

The noise shaper 4 is formed by a quantizer 5 and a feed back loop 6 with a 
one clock cycle delay element 7 to feed back the difference between the input signal (Sin + Sf) 
and the output signal (Sout) of the quantizer, Le. the error signal (Sd), to the mput of the noise 
25 shaper (S,n). The sum of the input signal of the noise shaper and the delayed error signal (Sf) 
will be used to feed the quantizer in the subsequent clock cycle. In this example, in the 
quantizer only the most significant active bit will be passed, while tiie other bits of the 20-bits 
words will be made zero. In tiie stationary state tiie operation of tiie noise shaper wUI be clear 
by looking to the signals Sin. Sout, Sd, and Sf in subsequent clock periods to, ti, ta and ta: 

30 
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to 


Sf 


5 

00000000000000000000 




Sin ~ 


0000000001001 1000001 (61,7 dB) 




Sf+Si„ = 


000000000 1 00 1 1 00000 1 




Sout ~ 


00000000010000000000 




Sd 


000000000000 1 1 00000 1 


tl 


Sin 


00000000000000000000 




Sf+Sin = 


OOOOOOOOOOOOIlOOOOOl 




Sout ~ 


000000000000 10000000 




Sd 


0000000000000 1 00000 1 


t2 


Sto 


00000000000000000000 




Sf+Sin = 


0000000OOOO0O1 000001 




Sout = 


00000000000001000000 




Sd 


00000000000000000001 


t3 


Sin 


00000000000000000000 




Sf+Sin = 


0000000000000000000 1 




Sout — 


00000000000000000001 




Sd 


00000000000000000000 



Thus, after 4 clock periods the error signal is zero again and a next cycle of 4 
clock periods can begin. The output signals of the noise shaper 4 in these 4 clock-periods are: 

00000000010000000000 

000000000000 10000000 

00000000000001000000 

00000000000000000001 
These output signals form the multiplication fectore by means of which the volume o^ for 
example, a 24-bits audio signal is controUed. These multiplication factors are generated with 
a frequency of, in this example, four times the frequency with which the digital input signals 
are supplied to the volume control device. In the stationary state this sequence of 
multiplication factors will be repeated and is iUustrated in fig. 2A. Instead of a multiplication 
of the 24-bits audio signal with a 20-bits multiplication factor, the multipUcation is reduced 
to four multiplications with words having only one active bit Instead of a logic unit in the 
form of a complicated multiplier, the logic unit can now be constituted by a simple shift 
register (barrel shifter) 8 with 20 shift positions in which successive shift operations are 
performed. With the multiplication factors as uidicated in fig. 2A and a digital input signal 
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20 



6 



indicated in fig. 2B, the output signal of the shift register is as indicated m fig. 2C. It is 
emphasized that these figures only show a stationary state, Le. a state wherein no volume 
transitions occur. 

In the present example, only the 28 most significant bits of the shift register 8 
are passed. By means of the low-pass filter 9, which may be carried out as a first order IIR 
filter, the output words of the bitshifter « are filtered and reduced again to 24-bits words. 
Higher order IIR filters or a FIR filter are possible too. When a FIR filter is applied, the 
output signal thereof is as indicated in fig. 2D. When a 1* order IIR filter is used some high 
frequency components will still be present 

In the stationary state the 4-cycle multipHcation process is fimctionally 
equivalent to an up-sampling of the digital input signals &om 64*f, to 256*fs, foUowed by a 
4-taps FIR filter. Such a conceptual PER filter does not suppress fiequencies around 64*fi and 
128*f, if its coefficients are arranged in this fashion with the largest values first, followed by 
decreasing values. Thus the output contains aliases around 64*fi and 128*^, which are 
1 5 filtered when an additional IIR or FIR filter 9 is used 

In case of a volume transition, for example a 4,5 dB transition, from: 
00000000001001 100001 (55,5 dB) to 
00000000010000000000 (60 dB), 
the low-pass filter 2 realizes a gradual volume change in order to eliminate audible artefects 
during the volume transition. This means that the filter output signal will be formed by a 
relatively long sequence of 24-bits words with values between the above two transition 
values, which words can have also more than 4 active bits. This means that, in general, each 
time after 4 clock periods, ftie error signal Sd wiU not be zero. 

When at a certain moment, duectly before the end value 
25 00000000010000000000 is reached, the signal Sf + Si, is 00000000001 111111111. 
the signals Sin, Sout, Sd, and Sf in subsequent 4 clock periods will be: 
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to 


Sf + Sio 




00000000001 111111111 






Sout 




0000000000 1 oooooooon 






Sd 




00000000000 111111111 




ti 


Sin 




ooooooooooooooooooon 

w v# w w V V V V V w V/ w \y v/ \/ \J \J\J 


5 




Sf+Sin 




00000000000 111111111 






Sout 


_ 


00000000000100000000 






Sd 




000000000000 11111111 




t2 


Sm 

Win 




nononoflnnnnnnnnnnnAn 

uV/vvl/l/UUUUUUl/UvUUUUU 






Sf+Sfa 




00000000000011111111 


10 




S<yt 




000000000000 1 0000000 






Sd 




00000000000001111111 




t3 


Sin 




00000000000000000000 






Sf+Sto 




00000000000001111111 






Sout 




00000000000001000000 


15 




Sd 




00000000000000111111 



and a new series of 4 clock periods wiU start, taking into account the «ror of the passed 4 
clock periods: 



20 



to Sfa 




000000000 10000000000 


Sf+Sin 




00000000010000111111 


Sout 




00000000010000000000 


Sd 




00000000000000111 111 


ti Sfa 




00000000000000000000 


Sf+Si„ 




00000000000000111111 


Sout 




00000000000000100000 


Sd 




00000000000000011111 


t2 Sin 




00000000000000000000 


Sf+S,„ 




00000000000000011111 


Sout 




000000000000000 10000 


Sd 




00000000000000001 1 1 1 


t3 Sin 




oooooooooooooooooooo 


Sf+Sfa 




00000000000000001111 


Sout 




0000000000000000 1000 


Sd 




000000000000000001 1 1 
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Although the output of the low-pass filter 2 has reached its stationary state, 
tiiere is still an error signal Sd. This error signal will disappear in the next four clock periods: 



Sin 




00000000010000000000 


Sf+Sto 




000000000100000001 1 1 


Sout 




000000000 1 0000000000 


Sd 


_ 


000000000000000001 1 1 


Sin 




00000000000000000000 


Sf+Sfa 


ss 


000000000000000001 1 1 








Sd 




0000000000000000001 1 


Sin 




00000000000000000000 


Sf+Si„ 




0000000000000000001 1 


Sout 




00000000000000000010 


Sd 




0000000000000000000 1 


Sin 




00000000000000000000 


Sf+Sin 




00000000000000000001 


Sout 




0000000000000000000 1 


Sd 




00000000000000000000 



Now, the noise shaper has reached its stationary state. The output signals of the noise shaper 
20 are successively: 

0000000000 1 000000000 

00000000000100000000 

00000000000010000000 

OOOOOOOOOOOOOIOOOOOO 
25 000000000 1 0000000000 

00000000000000100000 

00000000000000010000 

00000000000000001000 

0000000001 0000000000 
30 00000000000000000100 

00000000000000000010 . 

0000000000000000000 1 
and further as in the stationary state: 
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000000000 10000000000 
00000000000000000000 
00000000000000000000 
00000000000000000000 
000000000 1 0000000000 
00000000000000000000 
etc. 

Again the multiplication fectors are powers of 2, so that the volume transition is realized by 
only a time-sequence of shift operations. 

In another case of a volume transition, for example a -4,5 dB transition, from: 
00000000010000000000 to 
00000000001001100001 
the low-pass filter 2 again realizes a gradual volume change in order to eliminate audible 
artefacts during the volume transition. This means again that the filter output signal will be 
15 formed by a relatively long sequence of 24-bits words with values between the above two 
transition values, which words can have also more than 4 active bits. 

When at a certain moment, directly before the end value 
00000000001001 100001 is reached, the signal Sf + Sm is 00000000001001 100010, 
the signals Sia, Sout, Sd, and Sf in subsequent 4 clock periods will be: 
20 to 



10 



25 



30 



Sf+Si„ = 


00000000001001100010 


Sout = 


0000000000 1 000000000 


Sd 


0000000000000 1 100010 


Sfa 


00000000000000000000 


Sf+Sfa = 


00000000000001 100010 




0000000000000 1 000000 


Sd 


000000000000001 00010 


tj Sin = 


00000000000000000000 


Sf+Sin - 


00000000000000 1 00010 


Sout — 


00000000000000100000 


Sd 


000000000000000000 1 0 


t3 Sin = 


00000000000000000000 


Sf+Si„ - 


00000000000000000010 


Sout = 


000000000000000000 1 0 


Sd 


00000000000000000000 
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and the error signal is zero again, while the stationary state is reached 

In the present example k is chosen 4. while 20-bits words with only the most 
significant bit of the supplied m-bits words is passed by the quantizer, the other bits being 
made zero, i.e. the case wherein j=l. 
5 It will be clear that other values of k are possible. With the maxunum number 

of active bits lc=3, transitions in steps of about 2 dB will be possible with the following 20- 
bits control words: 

00000000000100000000. corresponding with about 48 dB 

00000000000101000100 50 dB 

10 00000000000110010000 52 dB 

00000000001000000000 54 ^ 

00000000001010001 000 5g dB 

In this case the up-sampler inserts between two successive 20-bits filtered 
words only two 20-bits words consisting of zero's, while the operation fi^uency of the noise 
shaper is 3 times the fi-equency with which the dB-to-linear decoder 1 generates the 20-bits 
control signals. Other k-values will be possible depending on the desired step size of the 
volume control transitions. 

In the preferred embodiment the output words of the noise shaper have only 
one active bit 0-=l). Nevertheless two or more active bits will be possible 0=2 or more). Wilh 
k=4 and j=2 m a cycle of 2 clock periods two active bits in the output words of the noise 
shaper imply 2 times a simple multiplication, to obtam an average multipUcation 
coiresponding with a desired multiplication of the digital input signals. 

When the volume range is smaller than about 94 dB, the output words of the 
dB-lD-linear decoder can comprise less than 20 bits. When this volume range is latter than 
about 94 dB even more than 20 bits may be necessary, of course depending on the desired 
volume step size. 

This type of volume control is applicable when a volume conttx>l implemented 
in hardware is needed. A clock fixsquency of at least kfj tunes the input sample rate (with k 
and j as defined above) is required for its operation. Possible application a«as include sigma- 
delta D/A converters and digital audio-ampUfiers. because the devices use overeampled 
signals and often lack a signal processing core with a multiplier. The dynamic volume control 
does not need a multiplier and can be integrated with very few hardware elements and thus 
low chip-area. The volume control can handle all common types of current signal formats. 



20 



25 



30 



wo 2004/086615 



PCT/IB2004/0S0324 



PHNL030340 

PCT/IB2004/050324 

11 

such as signals coining from a CD-. DVD- or SACD source, provided that the available clock 
frequency is high enough. 

Although in the embodiments discussed comprise a noise-shaper, it wiU be 
clear to a person skilled in the art that other bit-stream convertere, such as sigma-delta 
modulators may be used instead. 



